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Summary 

This report describes the design and construction of a stereophonic digital 
sound recorder, with particular emphasis on the signal-processing techniques. Many of 
the principles can be directly applies to a television digital recorder and an indication is 
given of possible application to a multi-channel sound recorder. 
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A STEREO DIGITAL SOUND RECORDER 

F.A. Bellis 

M.K.E. Smith 



1. Introduction 

Although there is at the present time no operational 
requirement within the BBC for a digital sound recorder, it 
was decided to proceed with the construction of an experi- 
mental machine as a means of studying, at a relatively slow 
data rate, the problems associated with digital magnetic 
recording and signal processing. Particular attention was 
paid to those aspects which would be encountered in a 
machine designed to record television signals in digital form. 

It is quite probable that the ultimate medium for 
digital recording will not be magnetic tape; systems using 
laser and electron beams acting on a variety of media show 
promise, but most of them are, as yet, more in the nature 
of laboratory curiosities than fully engineered systems. 
Magnetic tape was therefore chosen as being readily avail- 
able and convenient. Any digital processing technique is of 
course equally applicable no matter what recording medium 
is finally chosen. 



2. Main features 

2.1. System parameters 

So that the subsequent description of the recorder 
may be more readily understood it is probably useful to list 
the main parameters of the machine at the outset. They 
are:— 



Tape Speed 
Tape Width 
Tape Type 
No. of Tracks 

Input Data rate 
Tape Data rate 
Audio Bandwidth 
Signal/Noise Ratio 

Crosstalk between 
stereo channels 



15"/sec 

Scotch 951 Instrumentation 

16 (13 for data, 2 parity, 1 
switch) 

64 K. bit/sec. 

69 K. bit/sec. 

14-6 kHz 

68 dB pk. signal/pk. weighted 
e.w.g. noise 

-45 dB 



With these parameters the machine 'consumes' tape at 
twice the rate of a standard analogue recorder, the latter 
using %" tape at 15"/sec for high-quality broadcast stereo 
use. It is considered, however, that when improved heads 
become available, the digital machine will be able to run at 
7y2"/sec, thus making the tape consumption comparable. 

2.2. The recording process 

One of the advantages of digital recording is that, in 
contrast to the analogue method, it is not necessary to 
linearise the recording process by the use of bias. This leads 
to considerable simplification, as there is no need to provide 
a bias oscillator, and the recording amplifier need not be 
linear. Indeed, all that is necessary for recording is an 
electronic switch, controlled by the data to be recorded, 
which changes the direction of a fixed current through the 
head so as to magnetise the tape in one direction or the 
other. This simplification is of great importance in multi- 
track machines where it is clearly desirable to keep the 
circuits that are duplicated for each track as simple as 
possible. 

Digital data is commonly represented by two voltage 
levels, one for a digital '1' and the other for a '0' and it 
might, at first sight, be thought that all that is necessary to 
record this information on magnetic tape would be to 
represent a '0' or a '1' by opposite directions of magnetisa- 
tion. However, the data may well contain long strings of 
'O's or '1's and, as the signal recovered on replay is propor- 
tional to the rate of change of recorded flux, long periods of 
no replayed signal would occur for either 'O's or '1's. Thus 
the signal must be re-encoded in such a way that frequent 
changes of recorded flux take place even when the data 
does not change. There are many such codes, but the two 
in most common use are known as bi-phase L, and delay 
modulation; the latter is also referred to as Miller code. 

These two forms of encoding are shown in Fig. 1. 
The logic rules for bi-phase L are:— 

A transition occurs in the centre of each bit cell; it is 
positive-going if the bit cell contains a '1' and negative- 
going for a '0'. A transition only occurs between bit 
cells if it is necessary for the next transition to be 
correct. 



(PH-97) 



bit- cell 
boundaries 



N.R Z data 



bi - phase - L 



delay modulation 



t i 




A 













1 










1 




1 


1 1 1 


( 










1 

1 
1 














































i ; 

1 1 














































1 
1 
1 










































1 




















































1 

1 














1 

1 



Fig. 1 - Some of the common recording codes 



For delay modulation the rules are as follows:— 

A transition (polarity unspecified) occurs in the 
centre of a bit cell if it contains a '1'. Transitions 
also occur between adjacent 'O's. 

Note that, in the case of delay modulation, polarity is 
unimportant; thus no special precautions need be taken to 
specify such things as direction of head windings, etc. This 
can be a substantial advantage when many channels are 
being considered. The spectra of the two forms of modu- 
lation are shown in Fig. 2, and it will be noticed that the 
peak in the delay modulation spectrum occurs at a much 
lower frequency than for bi-phase. Tests have shown that 
while there was in general little to choose between the two 
systems, delay modulation offers a slight advantage in that 
as the bit rate is increased, bi-phase has a steadily worsening 
error-rate, while delay modulation holds its good error-rate 
and then fails suddenly. This, coupled with the fact that 
no care need be taken over polarity, led to the choice of 
delay modulation. 




2.3. Signal processing 

The main feature of the signal processing is that part 
of it which is associated with timing correction. The use of 
digital techniques permits the use of sophisticated electronic 
timing correction; as a consequence, the mechanical per- 
formance of the tape transport-mechanism is no longer of 
great importance. 

In broad terms, the correction is carried out as 
follows:— 

Time markers, in the form of framing code-groups, are in- 
serted into each channel of the data at regular intervals and 
the composite data recorded. On replay, the data in each 
channel is clocked, by timing pulses derived from the re- 
played data, into temporary stores, at times governed by the 
arrival of the associated framing groups. The data is 
arranged in the stores in such a way that when it is clocked 
out by regular 'station' clock pulses (and therefore emerges 
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Fig. 2 - Spectra of modulation systems 
(Top) Bi-phase (Bottom) Delay modulation 
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without timing errdrs), tliat data wliicli immediately follows 
a framing group emerges simultaneously in each channel. 
Thus not only are dynamic timing errors due to the erratic 
velocity of the tape transport removed, so also are skew 
errors due to head misalignment. (This is explained in more 
detail in Sections 3.3 and 3.10.) 



3. Detailed description 

The overall block diagram is shown in Fig. 3 and will be 
described one item at a time. 

3.1. Analogue-to-digital converter 

This follows a known and tried design. The only 
modifications necessary were those to convert for stereo 
working (see Appendix), so no more need be said here, 
except that the stereo conversion is so arranged that 
alternate words in the data stream represent the left- and 
right-hand stereo channels respectively. 

3.2. Parity and stereo switching 

It has been shown that, in the case of 13 bit encoded 
digital sound, there is little point in applying parity protec- 
tion to more than the first five bits of each word. One of 
the two parity-channel tracks recorded on the tape is there- 
fore associated with bits 1, 3 and 5 of each data word and 
the other with bits 2 and 4, this arrangement giving the best 



chance of detecting errors affecting more than one of the 
protected bits. The remaining track is used to carry the 
stereo switching information, as mentioned in Section 2.1. 

3.3. Stuffer 

The block diagram is shown in Fig. 4. The function 
of the stuffer is to introduce the code-groups necessary to 
operate the timing correction system. 

The stuffer contains two main sections, that contain- 
ing two 100 bit shift registers, and that which generates the 
necessary pulses to control them. Although the block 
diagram shows only one channel, the shift registers, and the 
input and output switching is replicated in each of the 16 
channels, while the clock-pulse generation and housekeeping 
portion controls all sixteen channels. 

3.3,1. The framing sequence 

In choosing the form of the framing code-group 
sequence, several factors had to be considered. It must not 
be too long or occur too frequently, otherwise the recorded 
data rate would be raised by an unnecessarily large amount. 
It was decided to use a sequence 8 bits long, repeated every 
100 input-data bits, the actual sequence being 10101 Ixx, 
where xx indicate two additional bits, known as the 'Label', 
which are used to convey elapsed time and a reference 
number, i.e. they do not form part of the framing sequence 
proper. It is desirable to include the sequence 101, to 
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facilitate the correct decoding of delay modulation (see 
Section 3.9). 

3.3.2. Operation of the stuffer 

Data is clocked at the input rate Into the two 100- 
bit shift registers alternately, under the control of the input 
switch. It is then clocked out again at a slightly faster rate 
(27/25 X input rate), from the register that is not being 
written into. As the output rate is faster than the input 
rate, the latter register is emptied before the other is com- 
pletely filled, leaving time to insert the 8 extra framing 
digits. Thus the data is broken up into 100 bit blocks, 
with synchronising information between them. It is im- 
portant to note that this is happening simultaneously in all 
sixteen channels and that the framing groups occur at the 



same instant in all sixteen of them; thus the information 
is present necessary for removing static ('skew') errors as 
well as dynamic ('wow' and 'flutter') timing errors. 

3.4. Delay modulator 

This unit, (Fig. 5) re-encodes the data into the delay 
modulation form prior to recording. Delay modulation 
may be regarded as bi-phase modulation divided by two; 
this is the basis of operation of the circuit. That part of 
the circuit marked 'common' supplies suitably phased clock 
pulses to the entire 16 channels, and an exclusive 'or' 
process between this and the data produces bi-phase modu- 
lation. This is clocked at twice clock rate, and then divided 
by two to obtain delay modulation. 
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Fig. 5 - Delay modulator 
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3.5. Record amplifier 

This is extremely simple, consisting of no more than 
an electronic switch connecting the recording head via a 
series resistor to either a +12V or a — 12\/ supply, under the 
control of the incoming data. Thus the tape is magnetised 
in one direction for a 'T and in the other for a '0'. 

3.6. Replay amplifier 

The head amplifier design is not characterised by 
particularly low noise, as the heads have a relatively high 
output at the packing density used. The amplifier consists 
of two parts, a two-transistor amplifier with a gain of about 
40 dB and some high-frequency band-limitation to reduce 
out-of-band noise, followed by an integrated output ampli- 
fier having about 20 dB of gain. The amplifier will handle 
a delay-modulated signal at 64 K.bit/sec, giving an output 
of about 5 volts p-p without undue distortion. 



3.7. Differentiator and slicing 



J 



As has been described elsewhere data can be re- 
covered from the replayed waveform by differentiation to 
cause peaks in the waveform to become 'zero crossings', 
followed by amplification and slicing about the zero level. 

This is the technique adopted, differentiation being 
carried out by an R-C circuit followed by an integrated 
amplifier and level-detector, with hysteresis included in the 
latter to minimise the effect of noise. 

3.8. Clock regeneration 

The clock regenerator is required to produce from 
the delay-modulation encoded waveform a clock waveform 
suitable for decoding the data. The circuit used is basically 
two monostable circuits, the first of which is retriggerable, 
interconnected so as to form a multivibrator producing a 
square wave at twice data rate. Narrow pulses correspond- 
ing to transitions in the delay modulation waveform trigger 
the first monostable, and the two then produce the appro- 
priate clock pulse, self-triggering themselves until the arrival 
of another delay modulation edge. It should be noted that, 
being retriggerable, the first monostable is set correctly by 
the input-waveform transitions even if it has already been 



triggered by the second monostable, the corresponding 
clock-pulse edge being correctly timed relative to the input- 
waveform edge. Thus the clock regenerator is able to take 
immediate account of any small errors in the timing of the 
replayed waveform. 

3.9. Delay demodulation 

This is shown in Fig. 6. Operation is as follows. 
Data is clocked in, and is delayed by two periods of twice 
data-rate clock. The delayed data is applied with the un- 
delayed data to an exclusive 'OR' circuit whose output is 
delayed by another period of 2G clock and fed to a NAND 
gate; pulses are produced if and only if a 101 sequence is 
present in the original. 

This signal is then used to steer an output J-K flip- 
flop, driven from the delayed and undelayed exclusive 
'OR' waveforms, and is used to phase correctly a divider 
which generates data-rate clocks for the output. The wave- 
forms at important points in the decoder are shown in 
Fig. 7. 

3.10. De-stuff er 

Operation of the de-stuffer is very similar to that of 
the stuffer, in that data is clocked at different rates into and 
out of an array of shift registers. In the de-stuffer, how- 
ever, the steering of data between the shift registers is 
controlled by the framing sequence. 

Rererring to Fig. 8 data is first clocked through a 
small shift register in which the presence of the framing 
sequence is detected. The arrival of this sequence operates 
the input selector switch and the next 108 bits of data are 
clocked into, say, shift register X, under the control of the 
tape derived clock pulses (the latter having the same timing 
errors as the data). As the register is only 100 bits long the 
8 bits of the framing sequence are lost, and register X is left 
containing the same block of data which was originally 
located in one of the stuffer shift registers. By the time 
register X is full, the next framing sequence arrives and 
switches the data into register Y which is filled in turn, and 
so on to register Z. This process occurs in each of the 16 
channels independently under the control of its associated 
clock pulses and framing sequences. 
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Fig. 6 - Delay demodulator 
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Clocking out of the registers may now take place 
simultaneously in each of the channels, under the control 
of the slightly slower station clock pulses. Thus both static 
timing errors due to skew, and dynamic errors due to wow 
and flutter in the transport mechanism are removed. It will 
be noted that because the de-stuffer has 3 x 100 bit shift 
registers as opposed to two in the stuffer the relative timing 
between read and write can now vary by up to fA store 
length (i.e. ±50 bits), thus permitting timing correction. A 



low bandwidth servo-control of the drive motor keeps the 
relationship between write and read within corresponding 
limits (see Section 3.13). 



In addition to steering the data between the shift 
registers the arrival of the framing sequence in the small 
shift register initiates decoding of the last two bits of this 
sequence which constitute the Label. 



(PH-97) 



x16 






/v 



100 bit shift register 
X 



■100 bit shift register 
Y 




data \ ' 
selector. 



station 
clocl< pulses 



■i-iOO -^ 3 



Fig. 8 - De-stuffer 



label 
out 



dota 



3.11. Parity check and error concealment 

Before the signal is converted to analogue form, 
parity is checked, and if an error is found in either or both 
of the parity digits the current digital word is replaced by 
the most recently available good word from the same stereo 
channel. This method of concealment has been shown to 
be satisfactory for the single word errors that commonly 
occur in p.c.m. transmission systems and gives a useful 
measure of improvement in this application too. It is how- 
ever not completely satisfactory for a recording system, 
where errors tend to occur in bursts, due to drop-outs. 
Further work is planned to determine the optimum error 
concealment techniques both for sound and television in a 
digital recorder. 

3.12. Digital-to-analogue converter 

As with the a.d.c, this is a known design, and it was 
only necessary to carry out the modifications to permit 
stereophonic working (see Appendix). 

3.13. Motor servo 

As mentioned in 3.10, servo control of the drive 
motor is necessary in order to keep the average replayed 
data rate correct, and the residual. errors within the range of 
the timing correction circuitry. This is done by comparing 
the time of arrival of framing sequences from the tape with 
those generated by the stuffer. This comparison generates 



a signal which controls a voltage-frequency converter which 
in turn drives the synchronous capstan motor via a power 
amplifier. 



4. Performance 

4.1. Signal processing and timing correction 
4.1.1. Frequency response and signal-to-noise ratio 

The output signal-to-noise ratio and frequency 
response of the recorder are not dependent on the recording 
system at all, but only on the parameters of the a.d.c. and 
d.a.c. The frequency response is governed by the sampling 
rate of 32 kHz per audio-channel, thus resulting in a 
theoretical bandwidth of 16 kHz for each audio signal. In 
practice the bandwidth is limited to 14-6 kHz by the input 
and output filters. 

The signal-to-noise ratio from a 13 bit system (peak 
signal/peak weighted e.w.g. noise) is theoretically 71 dB. 
In the present recorder however, because the a.d.c. was 
adapted from an existing monophonic design (rather than 
being designed for stereo working) the 13th bit does not 
contribute a full 6 dB and the signal-to-noise ratio actually 
achieved is about 3 dB worse than theoretical, i.e. about 
68 dB. 
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4.1.2. Timing stability 

The timing correction circuitry is capable of com- 
pletely removing wow and flutter up to a maximum error 
of ±% mS. Since the final output from the recorder is 
under the control of the station clock pulses, the timing 
accuracy is dependent only on them. 

4.2. Recording/reproducing process 

The: packing density of about 5000 bits/inch/track at 
which the machine at present operates, does not represent 
the limit of what is achievable. It leads to a consumption 
of tape, in terms of area, which is double that of a high- 
quality analogue stereo- machine. It should be possible to 
improve the head performance, however, so as to run at 
772 i.p.s., i.e. 10,000 bits/inch/track; this is probably as far 
as it is worth proceeding with a sound recorder at present, 
as the cost of even further improved head performance 
would be excessive. 



and the minimum necessary error rate of about 1 in 10" is 
only just achieved. Hence further work on error detection 
and concealment is needed, as mentioned previously. 



5. Conclusions 

As a preliminary exercise prior to designing and building 
a digital television recorder, the construction of the sound 
machine has been very useful. It has provided extremely 
valuable experience in the recording of digital signals on 
magnetic tape and their subsequent recovery. It has also 
enabled the development of processing circuitry, in particu- 
lar the timing corrector, without the complications of high- 
speed operation. Much of the circuit techniques developed 
will be directly applicable to the television recorder, and 
could also be carried over into the design of a multichannel 
audio recorder. 



It is worth noting that application of digital tech- 
neques to a multi-channel (say 8) sound recorder would be 
more economically viable than for a two channel (stereo- 
phonic) machine, as increasing the number of channels to 8 
would not increase the cost proportionally; it is considered 
that the cost of an 8 channel digital machine would be 
little more than that of an analogue one. 

The present machine requires high quality instrumen- 
tation tape for satisfactory bperation, and while this is 
expensive as compared to conventional audio tape it is 
difficult to envisage any development which would permit 
the use of inferior tape. Even with the highest quality 
instrumentation tape available, drop-outs remain a problem. 
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APPENDIX 



Modifications to Digital Sound Recorder to Record and Replay Stereo Signals 



The a.d.c. and d.a.c. are both modified to carry two 
audio signals. This requires that each should convert two 
samples in the time previously taken to convert one. This 
is achieved by halving the amplitude of the signal at the in- 
put of the a.d.c. sampling unit and shifting the significance 
of the output digits by one place, thereby making a 13 bit 
converter and 'losing' what was originally the most signifi- 
cant digit. The input to the d.a.c. is similarly shifted in 
signficance so that the maximum amplitude of the ramp 
(and hence the sampled output) is halved. 

An analogue multiplexer is now added at the input of 
the a.d.c. and a modified housekeeping unit is provided 
which produces the left/right switching signal. This signal 



is provided for channel identification on replay. 

The d.a.c. is fitted with a second sample-and-hold 
circuit together with an additional output amplifier and 
filter. The two sample-and-hold circuits are driven alter- 
nately by gated pulses initiated by the switching signal in a 
re-designed housekeeping board. 

If two-channel operation is not required, either 
channel may be selected by means of a switch on the coder 
so that the digits for that channel only appear at the output, 
updated at a rate equal to the audio sampling rate. The 
rest of the recorder continues to be clocked at the stereo 
rate, so that each sample is effectively carried twice. 
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